I. Introduction
Development of power semiconductor technology, power electronics based devices such as static var compensators, adjustable speed drives and uninterruptible power supplies are widely employed in various applications results, Non-linear characteristics of voltage and current which indicates the degradation of power quality, these devices draw current with harmonic content and reactive power from AC mains.Both harmonics and inter-harmonics have quite negative impacts on power networks and customers. Negative effects of harmonics are increased I 2 R losses, over voltage, unbalancing and mal-operations of the relays and saturation of transformer core. Thus, harmonic estimation is one of the critical and challenging issues while dealing with power system signals.
Recent literature [1] [2] [3] [4] [5] [6] [7] [8] [9] [10] [11] presents different techniques on power system harmonics estimation. In order to get the voltage and current frequency spectrum from discrete time samples, most frequency domain harmonic analysis algorithms are based on the Fast Fourier transform (FFT). However, FFT [3] based technique suffers from leakage effect i.e an effect in the frequency analysis of finite length signals or finite length segments of infinite signals where it appears as if some energy has "leaked" out of the original signal spectrum into other frequencies and its performance highly degrades while estimating inter and sub-harmonics, including frequency deviations. Kalman Filter [8, 14] is one of the robust algorithms for estimating the magnitudes of sinusoids of known frequencies embedded in an unknown measurement noise. But this algorithm fails to track any dynamic changes of signal such as sudden changes in amplitude, phase or frequency of signal. RLS is one of the method for estimation of harmonics, but main difficulty lies in initial choice of Co-variance matrix and similarly Adaline [12] [13] can be used for harmonics estimation but its demerit lies on initial choice of weight vector. To overcome the problems faced in the said techniques, Least Mean Square (LMS) approach is considered in this paper for harmonics estimation.
The paper is organized as follows. Section II describes the harmonics estimation techniques. Section III presents simulation studies on one existing method such as RLS [15] [16] together with the proposed LMS approach for harmonics estimation applied to distorted power signals. Section IV describes the experimental setup developed to validate the efficacy of the proposed algorithm. Section V concludes the paper.
II. Methods Of Harmonics Estimation
A. Least Mean Square (LMS) based harmonic estimation Let us assume the voltage or current waveforms of the known fundamental angular frequency  as the sum of harmonics of unknown magnitudes and phases. The general form of the waveform is 
Invoking Taylor series expansion of the dc decaying term,
and retaining only first two terms of the series yields
For estimation amplitudes and phases Eq.(4.4) can be rewritten as
Eq. (5) can be rewritten in parametric form as follows
The vector of unknown parameter
The LMS algorithm is applied to estimate the state. The algorithm minimizes the square of the error recursively by altering the unknown parameter k X at each sampling instant using equation (9) given below
where the error signal is
After the updating of the vector of unknown parameter using LMS algorithm, amplitudes, phases of the fundamental and nth harmonic parameters and dc decaying parameters are derived as
B. Recursive Least Square (RLS) based harmonic estimation The signal as described in section II.A is taken; the vector of unknown parameter X , as in (7) is updated using RLS as X is updated using Recursive Least Square Algorithm as
The gain K is related with covariance of parameter vector
The updated covariance of parameter vector using matrix inversion lemma
These equations are initialized by taking some initial values for the estimate at instants ) ( , t t  and P . As the choice of initial covariance matrix is large it is taken as
, where  is a large number and I is a square identity matrix. After the updating of the vector of unknown parameters using Recursive Least Square (RLS) algorithm, amplitudes, phases of the fundamental and nth harmonic parameters and dc decaying parameters can be derived using (10)- (13) III. Simulation Results
A. Static signal corrupted with random noise and decaying DC component
To evaluate the performance of the proposed algorithm in estimating harmonics amplitude and phase, Numerical experiments implemented in MATLAB have been performed. The power system signal used for the estimation, besides the fundamental frequency, contains higher harmonics of the 3rd, 5th, 7th, 11th and a slowly decaying DC component. This kind of signal is typical in industrial load comprising power electronic converters and arc furnaces [4] 
The signal is corrupted by random noise Fig. 2-5 show the tracking of fundamental and 3rd harmonics signal components in presence of random noise and decaying dc components using RLS and LMS, algorithms. RLS algorithm is tuned optimally by properly choosing the co-variance and noise variance matrices. Using RLS, time required to reach the actual values for the fundamental and harmonics components is 0.02 seconds or more on a 50 Hz system. Using LMS, the exact value of fundamental and harmonics components are obtained roughly in 0.01 sec. or less than that based on a 50 Hz waveform in presence of random noise and decaying dc components. From these Figures, it is found that performance of estimation using LMS is better than RLS 
IV. Experimental Studies And Results
In view of real-time application of the algorithm for estimating harmonics in a power system, voltage data generation was accomplished in the laboratory on running a DG set using the experimental setup as shown in Fig. 8 . The input voltage waveform is stored in a Digital Storage Oscilloscope (Tektronix Ltd.) across almost 10-ohm resistance (measured using multi-meter) and then through Open Choice PC Communication software, data is acquired to the personal computer. 9 shows the estimation of voltage signal using RLS and LMS algorithms from the real data obtained from the experiment. In Fig. 9 , the estimated waveform approaches the actual waveform over the cycle.
V. Conclusions
This paper presents a Least Mean Square (LMS) algorithm, for accurate estimation of amplitude and phase of the harmonic components of distorted power system signal. Improved harmonics estimation performance has been achieved by using the LMS algorithm as compared RLS algorithm. Due to less computational burden, this proposed LMS algorithm is suitable for online estimation. Several computer simulation tests have been conducted to estimate harmonics in a power system signal corrupted with random noise and decaying dc offsets. The simulation results including inter-harmonics and sub-harmonics with SNR 20 dB shows the robustness of the proposed LMS algorithm for effective harmonic estimation. For testing the effectiveness further, the same is tested for experimental data and found to provide satisfactory results for harmonic estimation.
